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© Digital communication device. 



© A digital communication device of the present 
invention is provided with a modulation circuit for 
modulating a digital transmit signal, a first inter- 
polator for converting the modulated signal in fre- 
quency, a coding circuit for coding the signal con- 
verted in frequency into an audio PCM transmission 
code with reference to a voice companding code 
table, a decoding circuit for decoding a coded audio 



PCM receive code into a digital signal with reference 
to the voice companding code table, a second inter- 
polator for converting the decoded digital signal in 
frequency, and a demodulation circuit for demodulat- 
ing the converted signal, and digitally performs 
modem modulation/demodulation and voice codec 
processing. 
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BACKGROUND OF THE INVENTION 

1. Field of the Invention 

The present invention relates to a digital com- 
munication device for communicating a modulated 
signal through a digital line. 

2. Description of the Related Art 

A typical digital modem for performing 
modem/voice codec processes is mounted in a 
communication control unit for a facsimile having 
G3/G4 functions connected to a digital line. The 
communication control unit of the G3/G4 facsimile 
is constructed as shown in FIG. 9. Referring to 
FIG.9, numeral 817 denotes a processing section 
having G3/G4 functions. On the other hand, nu- 
meral 801 denotes a communication control sec- 
tion. 

In this example, an Integrated Services Digital 
Network (ISDN) is used as a digital line, and a part 
corresponding to the subscriber's line is, herein, 
expressed as a S interface. 

A facsimile communication operation of the 
communication control unit according to the prior 
art will now be described. 

First, the case in which the communication 
control unit functions as a G4 facsimile will be 
explained. In this case, it is assumed that switches 
SW1 and SW2 shown in FIG. 9 each are con- 
nected (turned ON) to the side of G4. 

In the above processing section 817, a fac- 
simile control portion 814 executes various kinds of 
control operations in order to make the whole unit 
function as a facsimile. The facsimile control por- 
tion 814 operates a network control portion 813 and 
carries out a call-out procedure or a call-in proce- 
dure by using a G4 terminal number 816, previous 
to facsimile transmission. In the ISDN, these proce- 
dures are carried out by using a D channel, and 
thus the network control portion 813 is connected 
to the S interface through a D channel control 
circuit 808 and a line interface circuit 802. After the 
connection of the unit to the network is thus com- 
pleted, facsimile transmission is started. 



circuit 807 is connected to the S interface through 
a B channel control circuit 803 and the line inter- 
face circuit 802. 

Subsequently, when the connection is com- 

5 pleted, the facsimile control portion 814 operates a 
MMR codec 811, thereby starting to transmit image 
data. The MMR codec 811 executes coding and 
decoding of image data according to T. 6 of the 
CCITT Recommendation, and compresses and ex- 

w pands the data. 

A codec for executing coding/decoding pro- 
cesses according to T. 6 will be referred to as a 
Modified Modified READ (MMR) codec hereinafter. 
The image data is also generally transmitted by 

75 using the B channel in the ISDN, and thus the 
MMR codec 811 is connected to the S interface 
through the connecting circuit 807, the B-channel 
control circuit 803 and the line interface circuit 802. 
Image transmission with the G4 facsimile func- 

20 tion is carried out according to the above-men- 
tioned operations. 

The case in which the communication control 
unit functions as a G3 facsimile will now be de- 
scribed. In this case, it is assumed that the switch- 

25 es SW1 and SW2 shown in FIG. 9 are connected 
(turned ON) to G3. 

First, the facsimile control portion 814 operates 
the network control portion 813 and carries out a 
call-out procedure or a call-in procedure by using a 

30 G3 phone number 815, previous to facsimile trans- 
mission. The G3 phone number 815 is actually the 
number of a digital telephone. When the proce- 
dures are completed through the network control 
portion 813, the D-channel control circuit 808 and 

35 the line interface circuit 802, a line of audio com- 
munication between a terminal of the subscriber 
and the other terminal is established. 

Although not shown in FIG. 9, a voice call by a 
digital telephone through the B channel is possible 

40 in this state. 

After the connection of the the terminal of the 
subscriber to the network and the other terminal is 
established, facsimile transmission is started. 

The facsimile control portion 814 operates a 

45 procedure a 810 previous to image transmission. 
The procedure a 810 is a G3 and G2 communica- 
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modem 805 is a modem (V21) for a communication 
control procedure according to the CCITT Rec- 
ommendation. 

After carrying out the communication proce- 
dure with the other terminal, the facsimile control 
portion 814 operates a MH/MR codec 809 so as to 
start image transmission. The MH/MR codec 809 
performs a G3 coding/decoding processes of im- 
age data according to T. 4 of the CCITT Rec- 
ommendation and compresses and expands the 
image data. 

The image data is converted into analog sig- 
nals (in the voice grade) through the modem 805. 
The modem 805 is a modem (V27ter or V29) for 
G3 image transmission according to the CCITT 
Recommendation. These image signals are also 
connected to the S interface through the voice 
codec 806, the B-channel control circuit 803 and 
the line interface circuit 802 in the same manner as 
above. 

Image transmission with the G3 facsimile func- 
tion is performed according to the above-men- 
tioned operations. 

The components (the modem 805 and the 
voice codec 806) enclosed by the line 804 shown 
in FIG. 9 will now be described in detail with 
reference to FIG. 10. 

The modem 805 performs modulation or de- 
modulation on the basis of a digital operation, and 
executes D/A or A/O conversion in each sampling 
clock which is normally 9.6KHz. The voice codec 
806 is an audio PCM codec for converting analog 
signals in the voice grade into digital signals and 
performing compression coding, or performing the 
operations in reverse order, and generally executes 
A/D or D/A conversion and corresponding 
coding/decoding in each sampling clock which is 
8.0KHz. 

In transmission, a digital transmit signal (a) is 
input to a modulation circuit 901, and modulated by 
a carrier frequency prescribed in the CCITT Rec- 
ommendation. The digital output signal from the 
modulation circuit 901 is converted into an analog 
transmit signal (b) in the voice grade by a first D/A 
converter 902 and a first lowpass filter (LPF) 903. 
The signal (b) is input to the voice codec 806, and 
converted into a digital signal again by a first A/D 
converter 904, and furthermore, coded into an 
audio PCM transmission code (c) by a coding 
circuit 905 with reference to a voice companding 
code table 906 and output. 

The first lowpass filter 903 and a second 
lowpass filter 909 remove harmonic noise included 
in analog signals output from the first D/A converter 
902 and a second D/A converter 908. 

Receiving operations will now be described. 

As illustrated, an audio PCM receive code (d) 
is input to a decoding circuit 907 and decoded with 



reference to the voice companding code table 906. 
The decoded digital signal is converted into an 
analog signal (e) in the voice grade by the second 
D/A converter 908 and the second LPF 909. The 
5 analog signal (e) is input to a second A/D converter 
910 in the modem 805 and converted into a digital 
signal again. Then, the digital signal is demodu- 
lated and output as a digital receive signal (f) by a 
demodulation circuit 911. 

However, in the above prior art shown in FIG. 
10, since the sampling frequency of the D/A and 
A/D converters 902 and 910 used in the modem 
805 and the sampling frequency of the A/D and 
D/A converters 904 and 908 used in the voice 

75 codec 806 are different, the conversion, a digital 
signal ' an analog signal ' a digital signal, is neces- 
sary between the modem 805 and the voice codec 
806, thereby causing a quantizing error which 
results in the deteriorated transmission ability. 

20 Since both sampling frequencies of 9.6KHz and 

8.0KHz are used, the modem 805 and the voice 
codec 806 constitutes an extremely large circuitry. 
It is necessary to design a LSI for the modem 805 
and a LSI for the voice codec 806 as separate 

25 chips. This needs a wide space and increases 
costs. 

Furthermore, since either of functions u-law or 
A-law is only used as a PCM coding rule which is 
referred to in coding and decoding, it is necessary 

30 to prepare a codec according to the PCM coding 
rule used in an area where a data communication 
apparatus is installed. If the bata communication 
apparatus is transferred to an area where a dif- 
ferent PCM coding rule is used, inconveniently, it is 

35 necessary to replace the codec. 

In addition, since a transmission processing 
system, such as modulation, demodulation and 
PCM/voice codec processing, cannot be checked 
for itself, it is not possible to easily determine a 

40 part of the transmission system where a failure 
occurred. 

SUMMARY OF THE INVENTION 

45 The present invention aims to solve the above 

problems. Therefore, an object of the present in- 
vention is to provide a digital communication de- 
vice capable of digitally processing modem modu- 
lation and demodulation and voice codec pro- 
so cesses. 

Another object of the present invention is to 
provide a codec capable of selecting a PCM cod- 
ing rule to be referred to in coding and decoding. 
A further object of the present invention is to 
55 provide a modem capable of easily determining a 
part of a transmission processing system where a 
failure occurred. 

Additional and other objects of the present 
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invention will become apparent from the detailed 
description in conjunction with the accompanying 
drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a schematic block diagram showing 
the construction of a digital modem 101 accord- 
ing to a first embodiment; 
FIG. 2 is a flowchart showing operations of a 
transmitting side in the embodiment; 
FIG. 3 is a flowchart showing operations of a 
receiving side in the embodiment; 
FIGS. 4 and 5 are views explaining processing 
of a first interpolater; 

FIGS. 6 and 7 are views explaining processing 
of a second interpolater; 

FIG. 8 is a schematic block diagram showing 
' the construction of a facsimile according to the 
first embodiment; 

FIG. 9 is a schematic block diagram showing 
the construction of a communication control unit 
for a conventional facsimile; 
FIG. 10 is a detailed block diagram showing the 
constructions of a modem and a voice codec 
shown in FIG. 9; 

FIG. 11 is a schematic block diagram showing 
the construction of a digital modem 101 accord- 
ing to a second embodiment; 
FIG. 12 is a schematic block diagram showing 
the construction of a facsimile according to the 
second embodiment; 

FIG. 13 is a schematic block diagram showing 
the construction of a digital modem 101 accord- 
ing to a third embodiment; 
FIG. 14 is a schematic block diagram showing 
the construction of a facsimile according to the 
third embodiment; and 

FIGS. 15 to 17 are flowcharts showing the pro- 
cedures for loopback tests in the third embodi- 
ment. 

DESCRIPTION OF THE PREFERRED EMBODI- 
MENTS " 

A ©referred embodiment of the present inven- 



A/D converters in the modem and the D/A and A/D 
converters in the voice codec are removed from 
the conventional modem/voice codec processing 
basic composition shown in FIG. 10, the LPF in the 
5 modem and the LPF in the voice codec, which are 
unnecessary due to the removal of the above con- 
verters, are also taken away, and interpolates 103 
and 107 are substituted for the converters and the 
LPFs. 

io In the above construction, when a transmission 

operation is performed, a digital transmit signal (a) 
input to a modulation circuit 102 is modulated by a 
carrier frequency prescribed according to the 
CCITT Recommendation. The modulated output 
75 signal is a digital signal, and output in each sam- 
pling clock which is normally 9.6KHz. The output 
signal is input to a first interpolater 103 and sam- 
pled by a sampling clock of 8.0KHz. In other 
words, the sampling conversion from 9.6KHz to 
20 8.0KHz is carried out. The converted signal is fur- 
thermore input to a coding circuit 104, converted to 
an audio PCM transmission code (b) with reference 
to a voice companding code table 105, and output 
in a sampling clock of 8.0KHz. 
25 A receiving operation will now be described. 

An input audio PCM receive code (c) is de- 
coded by a decoding circuit 106 with reference to 
the voice companding code table 105. The de- 
coded digital signal is output in the sampling clock 
30 of 8.0KHz. Then, the output signal is input to a 
second interpolater 107 and sampled by a sam- 
pling clock which is normally 9.6KHz. In other 
words, the sampling conversion from 8.0KHz to 
9.6KHz is carried out. The converted signal is fur- 
35 thermore demodulated by a demodulation circuit 
108 and output as a digital receive signal (d) in a 
sampling clock of 9.6KHz. 

Operations of a transmitting side of the digital 
modem 101 according this embodiment will be 
40 described with reference to the flowchart shown in 
FIG. 2. 

The case that a V27ter modem is used and the 
transmission rate is 4800bps is given as an exam- 
ple. 

45 The modulation circuit 102 shown in FIG. 1 

repeats processes in each transmit data symbol 
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Step S203, the interpolation using the saved six 
data is performed by the first interpolater 103, the 
conversion of the sampling frequency from 9.6KHz 
to 8.OKH2 is achieved. This sampling frequency 
conversion can be performed by conducting inter- 
polation by using the six data in a symbol interval ( 
= 1/1600"), obtaining five interpolation results, and 
sampling the results at regular intervals (1/8000 = 
1/1600 + 5). 

When the above interpolation is completed, the 
interpolation results are temporarily saved in Step 
S204 in preparation for the subsequent PCM cod- 
ing. The coding circuit 104 performs coding ac- 
cording to G. 711 of the CCITT Recommendation 
in Step S205, and a PCM code is output in Step 
S206. 

The above-mentioned processes in Steps S200 
to S206 are repeated in each symbol interval 
(1/1600"). 

The above interpolation will now be described 
in detail with reference to FIGS. 4 and 5. 

FIG. 4 shows a discrete modulation waveform 
obtained by the process in Step S201 shown in 
FIG. 2, and a dotted line expresses an envelope. 
As shown in FIG. 4, six discrete data are arranged 
at regular intervals (= 1/9600") in a symbol interval 
(= 1/1600"), and the envelope expressed in the 
dotted line can be formed by performing interpola- 
tion processing based on the six data 

FIG. 5 shows that five discrete data are ar- 
ranged at regular intervals (= 1/8000") in a symbol 
interval (= 1/1600") after the sampling frequency 
conversion from 9.6KH2 to 8.OKH2. The five data 
arranged at regular intervals are obtained by cal- 
culating values of an envelope at intervals of 
1/8000". 

Operations of a receiving side of the digital 
modem 101 in this embodiment will now be de- 
scribed with reference to the flowchart shown in 
FIG. 3. 

The processes are repeated in each receive 
data symbol (1/1600 n ) on the receiving side in the 
same manner as in the transmitting side. There- 
fore, one receive data symbol, that is, five PCM 
codes (= 1/1600 + 1/8000) are input in Step S300 
shown in FIG. 3. Subsequently, the decoding circuit 
106 decodes the input five PCM codes according 
to G. 71 1 of the CCITT Recommendation in Step 
S301. Then, in Step S302, the decoded results are 
temporarily saved in preparation for the subsequent 
interpolation. 

Next, interpolation using the saved five data is 
executed by the second interpolater 107 in Step 
S303, and the sampling frequency conversion from 
8.OKH2 to 9.6KH2 is achieved. This sampling con- 
version can be carried out by performing interpola- 
tion based on the five data in the symbol interval 
(= 1/1600"), obtaining six interpolation results, and 



sampling the results at regular intervals (1/1600 
6 = 1/9600). 

When the above interpolation is completed, the 
interpolation results are temporarily saved in Step 
5 S304 in preparation for the subsequent demodula- 
tion. In Step S305, the six interpolation results are 
demodulated by the demodulation circuit 108 in a 
symbol cycle (1/1600") by a basic frequency hav- 
ing a cycle of 1/9600". Then, one symbol data ( = 
10 3 bit) is obtained as a result and output to the FAX 
in Step S306. 

The above interpolation on the receiving side 
will be explained with reference to FIGS. 6 and 7. 
FIG. 6 shows a discrete receive waveform ob- 
75 tained by the process in Step S301 shown in FIG. 
3, and a dotted line expresses an envelope. As 
shown in FIG. 6, five discrete data are arranged at 
regular intervals (= 1/8000") in a symbol interval 
(= 1/1600"). The envelope expressed in the dotted 
20 line can be formed by interpolation based on the 
five data. 

FIG. 7 shows that six discrete data are ar- 
ranged at regular intervals (= 1/9600") in a symbol 
interval (= 1/1600") after the sampling frequency 
25 conversion from 8.OKH2 to 9.6KH2. The six data 
arranged at regular intervals are obtained by cal- 
culating values of the envelope at intervals of 
1/9600". 

As described above, according to this embodi- 
30 ment, the following effects can be obtained by 
digitally performing the modem/PCM codec pro- 
cessing. 

The A/D and D/A converters mounted in the 
modem which normally operate at a sample rate of 

35 9.6KH2 and the A/D and D/A converters mounted in 
the PCM codec which normally operate at a sam- 
ple rate of 8.OKH2 are taken away from the conven- 
tional communication control unit, the LPF in the 
modem and the LPF in the PCM codec are also 

40 taken away, and a sample rate conversion process- 
ing circuit is disposed between the modem and the 
PCM codec instead of the above converters and 
the LPFs. It is thereby possible to digitally achieve 
the modem modulation/demodulation processing 

45 and the PCM codec processing, and thus to reduce 
the quantising errors. 

Furthermore, since two sets of A/D and D/A 
converters and two LPFs can be removed, the si2e 
of the circuit is made small and costs are lowered. * 

so In addition, it is easy to merge the modem and the 
PCM codec into a chip instead of the conventional 
composition of the modem, the PCM code, and the 
LSIs, and thus it can be greatly expected to save 
the space. 

55 As described above, according to this embodi- 

ment, it is possible to provide a digital modem 101 
having a simple structure and capable of prevent- 
ing quantising errors by digitally executing the 
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modem modulation/demodulation and the voice 
codec processing. 

[Second Embodiment] 

A second embodiment of the present invention 
will now be described with reference to the accom- 
panying drawings. 

FIG. 11 is a schematic block diagram showing 
the construction of a digital modem 101 according 
to the second embodiment. 

FIG. 12 is a schematic block diagram showing 
the construction of a facsimile according to the 
second embodiment. 

As illustrated, in this embodiment, the D/A and 
A/D converters in the modem and the D/A and A/D 
converters in the voice codec are removed from 
the conventional modem/voice codec processing 
basic composition shown in FIG. 10, the LPF in the 
modem and the LPF in the voice codec, which are 
unnecessary due to the removal of the above con- 
verters, are also taken away, and interpolaters 103 
and 107 are substituted for the converters and 
LPFs. Either u-law or A-law can be selected by a 
control line (e) as a PCM coding rule which is 
referred to in coding and decoding. 

In the above construction, when a transmission 
operation is performed, a digital transmit signal (a) 
input to a modulation circuit 102 is modulated by a 
carrier frequency prescribed according to the 
CCITT Recommendation. The modulated output 
signal is a digital signal, and output in each sam- 
pling clock which is normally 9.6KHz. The output 
signal is input to a first interpolator 103 and sam- 
pled by a sampling clock of 8.0KHz. In other 
words, the sampling conversion from 9.6KHz to 
8 OKHz is carried out. The converted signal is fur- 
thermore input to a coding circuit 104. converted to 
an audio PCM transmission code (b) with reference 
to a memory 105a in which an A-law voice 
companding/expanded code table is stored or a 
memory 105b in which a u-law voice 
companding/expanded code table is stored, either 
which is selected beforehand by an interlock switch 
SW, and output. 

A receiving operation will now be described. 



signal is furthermore demodulated by a demodula- 
tion circuit 108 and output as a digital receive 
signal (d). 

Therefore, it is possible to cope with both A- 
5 law and u-law by allowing the PCM coding rule to 
be selected by the interlock switch SW. 

Although the PCM coding rule is selected ac- 
cording to the control from the facsimile control 
portion 814 in the above embodiment, it is also 
;o possible to select the PCM coding rule by another 
method, for example, by turning on and off a bit 
switch disposed in the communication control unit. 

As described above, according to this embodi- 
ment, since the modem modulation/demodulation 
75 and the voice codec processing can be digitally 
processed and a PCM coding rule to be referred to 
in coding and decoding can be selected, it is 
possible to simplify the structure of the digital 
modem 101 , to prevent quantitizing errors, and to 
20 enhance the convenience of the digital modem 
101. 

[Third Embodiment] 

25 A third embodiment of the present invention 
will be described with reference to the drawings. 

FIG. 13 is a schematic block diagram showing 
the construction of a digital modem 101 according 
to the third embodiment. 
30 FIG. 14 is a schematic block diagram showing 
the construction of a facsimile according to the 
third embodiment. 

As illustrated, in this embodiment, the D/A and 
A/D converters in the modem and the D/A and A/D 
35 converters in the voice codec are removed from 
the conventional modem/voice codec processing 
basic composition shown in FIG. 10, the LPF in the 
modem and the LPF in the voice codec, which are 
unnecessary due to the removal of the above con- 
40 verters, are also taken away, and interpolaters 103 
and 107 are substituted for the converters and the 
LPFs. Furthermore, a switch SW1 is disposed be- 
tween the output of the modulator and the input of 
the demodulator, a switch SW2 is disposed be- 
45 tween the output of the first interpolater and the 
input of the second interpolater, and a switch SW3 

_, u -i . ~- »Ur ^. »♦ of tho portion 
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paths for transmission and receiving of the digital 
modem 101 in this embodiment will now be de- 
scribed. 

First, a loopback test on the modulation circuit 
102 and the demodulation circuit 108 shown in FIG. 
13 will be explained according to the flowchart 
shown in FIG. 15. 

In this case, it is assumed that only the switch 
SW1 is on and the other switches SW2 and SW3 
are off. 

In Step S401 , data generated inside the modu- 
lation circuit 102 or transmit data from the FAX is 
modulated by the modulation circuit 102. The mod- 
ulated data is demodulated by the demodulation 
circuit 108 in Step S402, thereby restoring the 
transmit data. It is checked by the facsimile control 
portion 814 in Step S403 whether or not the trans- 
mitted data and the restored data are the same, 
and the check result is output to an display 820 
and the like. Then, it is determined by the facsimile 
control portion 814 in Step S404 whether or not the 
above process is executed a predetermined num- 
ber of times. If the process is not executed a 
predetermined number of times, Step S401 is ex- 
ecuted again and the above checking operations 
are repeated. 

According to the above process, if no error is 
found in the above step S403, it is possible to 
determine that modulation and demodulation are 
normally performed. 

A loopback test on the modulation circuit 102, 
the first interpolator 103, the second interpolater 
107 and the demodulation circuit 108 will now be 
described according to the flowchart shown in FIG 
16. 

In this case, it is assumed that only the switch 
SW2 is on and the other switches SW1 and SW3 
are off. 

Data generated inside the modulation circuit 
102 or transmit data from the facsimile cntrol por- 
tion 814 is modulated by the modulation circuit 102 
in Step S501. Interpolation is performed by the first 
interpolater 103 in Step S502, and the sampling 
frequency conversion from 9.6KHz to 8.OKH2 is 
executed. Then, interpolation is performed by the 
second interpolater 107 in Step S503, and the 
sampling frequency conversion from 8.OKH2 to 
9.6KH2 is executed in preparation for subsequent 
demodulation. 

In Step S504, the transmit data is demodulated 
by the demodulation circuit 108 based on data 
whose sampling frequency is returned to 9.6KHz. It 
is checked by the facsimile control portion 814 in 
Step S505 whether or not the transmitted data and 
the restored data are the same. As a result, if no 
error is found, it is possible to determine that the 
modulation, the demodulation and the first and 
second interpolations are normally executed. In 



Step S506, it is determined whether by the fac- 
simile control portion 814 or not a series of pro- 
cesses are performed a predetermined number of 
times. If the processes are not performed a pre- 
5 determined number of times, Step S501 is ex- 
ecuted again and the above processes are re- 
peated. 

Finally, a loopback test on the whole transmis- 
sion processing system in this embodiment will be 
10 described according to the flowchart shown in FIG 
17. 

In this case, it is assumed that only the switch 
SW3 is on and the other switches SW1 and SW2 
are off. 

75 Data generated inside the modulation circuit 

102 or transmit data from the facsimile control 
portion 814 is modulated by the modulation circuit 
102 in Step S601. Interpolation is performed by the 
first interpolater 103 in Step S602, and the sam- 
20 pling frequency conversion from 9.6KHz to 8.0KHz 
is carried out. In Step S603, coding is performed 
by the coding circuit 104 so as to convert the 
modulated data to a PCM transmission code. The 
PCM transmission code is decoded by the decod- 
es ing circuit 106 in Step S604. In Step S605, inter- 
polation is performed by the second interpolater 
107 so that the decoded data can be demodulated. 
In other words, the sampling frequency conversion 
from 8.0KHz to 9.6KHz is carried out. 
30 The interpolation result is demodulated by the 

demodulation circuit 108 in Step S606, and the 
transmitted data is restored. The restored transmit 
data is compared with actually transmit data by the 
facsimile control portion 814 in Step S607 and it is 
35 checked whether or not both the data are the 
same. As a result, if no error is found, it is possible 
to determine that the modulation, the demodulation, 
the first and second interpolations, the coding and 
the decoding are normally executed. 
40 In Step S608, it is determined by the facsimile 

control portion 814 whether or not the above series 
of processes are performed a predetermined num- 
ber of times. If the processes are not performed a 
predetermined number of times, Step S601 is ex- 
45 ecuted again and the above processes are re- 
peated. 

As described above, it is possible to easily 
determine a part of the digital modem 101 where a 
failure occurred by executing the loopback tests 

50 according to FIGS. 15 to 17 in this order. In other 
words, for example, if the digital modem 101 
passes the loopback tests according to FIGS. 15 
and 16 and does not pass the loopback test ac- 
cording to FIG. 17, it is possible to assume that a 

55 failure occurred in the PCM coding circuit 104 or 
the PCM decoding circuit 106. 

Self-checking of the transmission processing 
system, such as modulation and demodulation pro- 
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cessing and PCM/voice codec processing, is made 
possible by mounting a plurality of paths for short- 
circuiting transmitting and receiving paths 
(loopback function), and thus, it is possible to easi- 
ly determine a part where a failure occurred. 

As described above, according to this embodi- 
ment, since the modem modulation and demodula- 
tion and the voice codec processing can be digital- 
ly carried out and a part of the transmission pro- 
cessing system where a failure occurred can be 
easily determined, it is possible to simplify the 
structure of the digital modem 101 , to prevent 
quantitizing errors, and to enhance the convenience 
of the digital modem 101 . 

[Other Embodiments] 

Although the sampling frequencies for 
modulation/demodulation and for the PCM codec 
processing are set at 9.6KHz and 8.0KHz, respec- 
tively, the sampling frequencies of the present in- 
vention are not limited to these values. 

Furthermore, although the case in which a 
V27ter modem is used and the transmission rate is 
4800bps is described, it is obvious that the present 
invention can be easily applied to other modems. 

Although a simple interpolation is performed as 
sampling frequency conversion, the same effect 
can be obtained even by using splined interpola- 
tion, interpolation with a polynomial, or the like. The 
interpolation of the present invention is not limited 
to the above interpolating methods. 

In addition, although the description is given 
with a consciousness that the sampling frequency 
conversion is realized by DSP, the realization of 
the conversion in the present invention is not limit- 
ed to the realization by hardware and software. 

The present invention is applicable to a modu- 
lating device without any demodulating function 
and a demodulating device without any modulating 
function, besides a modem having both modulating 
and demodulating functions. 

The present invention is also applicable to a 
simple coding circuit and a simple decoding circuit 
While the present invention is described in 
conjunction with preferred embodiments, it will be 



code table, a decoding circuit for decoding a coded 
audio PCM receive code into a digital signal with 
reference to the voice companding code table, a 
second interpolater for converting the decoded 
5 digital signal in frequency, and a demodulation 
circuit for demodulating the converted signal, and 
digitally performs modem modulation/demodulation 
and voice codec processing. 

10 Claims 

1. A modulation device for outputting digital data 
modulated in accordance with a carrier fre- 
quency to a coding circuit, comprising: 

75 first conversion means for converting input 

signals into first digital signals modulated in 
accordance with a carrier frequency; and 

second conversion means for converting 
said first digital signals input at first intervals 

20 into second digital signals input at second in- 

tervals different from said first intervals. 

2. A modulation device according to claim 1, 
wherein said first conversion means sequen- 

25 tially converts said input signals input at the 

predetermined intervals into said first digital 
signals modulated in accordance with the car- 
rier frequency. 

30 3- A modulation device according to claim 1, 
wherein said second conversion means con- 
verts said first digital signals input at said first 
intervals into said second digital signals at said 
second intervals by interpolation. 

4. A modulation device according to claim 1, 
wherein said second intervals are equal to in- 
tervals between sampling clocks of said coding 
circuit. 

40 

5. A modulation device according to claim 1, 
wherein said first intervals are shorter than said 
second intervals. 

45 6. A demodulation device for demodulating data 
decoded by a decoding circuit, comprising: 
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8. A demodulation device according to claim 6, 
wherein said conversion means converts said 
decoded data input at said first intervals into 
said data at said second intervals by interpola- 
tion. 



15. A digital communication device for performing 
modem and voice codec processing, having a 
plurality of short-circuit means for short-cir- 
cuiting a transmission path and a receive path 

5 and capable of determining a part of a trans- 

mission processing system where a failure oc- 
curred in accordance with the path short-cir- 
cuited by said short-circuit means. 

16. A digital communication device according to 
claim 15, further comprising: 

comparing means for comparing a signal 
from the path short-circuited by said short- 
circuit means and an initial signal; and 

determining means for determining the 
. part of said transmission processing means 
where a failure occurred based on the result of 
the comparison by said comparing means. 



A demodulation device according to claim 6, 
wherein said second intervals are shorter than 
said first intervals. 
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10. A digital communication device connected to a 
digital network for performing modem and 
voice codec processing, comprising: 

modulation means for modulating a digital 
signal; 75 

first conversion means for converting the 
signal modulated by said modulation means in 
frequency; 

coding means for coding the signal con- 
verted by said first conversion means; 20 

decoding means for decoding the signal 
coded by said coding means; 

second conversion means for converting 
the signal decoded by said decoding means in 
frequency; and 25 

demodulation means for demodulating the 
signal converted by said second conversion 
means. 

11. A digital communication device according to 30 
claim 10, wherein said first conversion means 
performs the frequency conversion by output- 
ting the signal, which is input from said modu- 
lation means in each first sampling clock, in 
each second sampling clock. 35 

12. A digital communication device according to 
claim 10, wherein said second conversion 
means performs the frequency conversion by 
outputting the signal, which is input from said 40 
decoding means in each of said sampling 
clock, in each of said first sampling clock. 

13. A processing device, comprising: 

memory means for storing first and sec- 45 
ond PCM coding rules referred to in coding or 
decoding; and 

selection means for selecting either of said 
first and second PCM coding rules stored by 
said memory means, 50 

wherein the coding or decoding is carried 
out with reference to said PCM coding rule 
selected by said selection means. 

14. A processing device according to claim 13, 55 
wherein said selection means selects either of 

said first and second PCM coding rules by a 
switch. 
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